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DETAILED ACTION 

Claim Rejections - 35 USC § 102 

1 . The following is a quotation of the appropriate paragraphs of 35 U.S.C. 102 that 
form the basis for the rejections under this section made in this Office action: 

A person shall be entitled to a patent unless - 

(e) the invention was described in (1) an application for patent, published under section 122(b), by 
another filed in the United States before the invention by the applicant for patent or (2) a patent 
granted on an application for patent by another filed in the United States before the invention by the 
applicant for patent, except that an international application filed under the treaty defined in section 
351(a) shall have the effects for purposes of this subsection of an application filed in the United States 
only if the international application designated the United States and was published under Article 21(2) 
of such treaty in the English language. 

2. Claim 1 is rejected under 35 U.S.C. 102(e) as being anticipated by Yamada, US 
Patent Pub. 2003/0076973 A1 . 

Re Claim 1, Yamada discloses a method for processing an electric sound signal 
( fig. 14 ): wherein an electric sound signal on the right ( fig. 14: Ar ) and an electric sound 
signal on the left ( fig. 14: Ah are processed to produce a processed electric sound 
signal on the right ( fig. 14: R1 ) and a processed electric sound signal on the left ( fig. 14: 
Lf) including the steps of: simulating the production of a first processed electric sound 
signal on the right from the electric sound signal on the right ( fig. 14: 36 ): simulating the 
production of a second processed electric sound signal on the right from the electric 
sound signal on the left ( fig. 14: 34 ). simulating the production of a third processed 
electric sound signal on the left from the electric sound signal on the left ( fig. 14:31 ): 
simulating the production of a fourth processed electric sound signal on the left from the 
electric sound signal on the right ( fig. 14: 35 ): and diffusing a sound corresponding to 
these four processed electric sound signals ( fig. 14 ). 



Application/Control Number: 10/550,230 
Art Unit: 2615 



Page 3 



Claim Rejections - 35 USC § 103 

3. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

4. The factual inquiries set forth in Graham v. John Deere Co., 383 U.S. 1 , 148 
USPQ 459 (1966), that are applied for establishing a background for determining 
obviousness under 35 U.S.C. 103(a) are summarized as follows: 

1 . Determining the scope and contents of the prior art. 

2. Ascertaining the differences between the prior art and the claims at issue. 

3. Resolving the level of ordinary skill in the pertinent art. 

4. Considering objective evidence present in the application indicating 
obviousness or nonobviousness. 

Claim 2 is rejected under 35 U.S.C. 103(a) as being unpatentable over Yamada, 
US Patent Pub. 2003/0076973 A1 as applied to claim 1 above, in view of Ishii, US 
Patent 6,961,433 B2. 

Re Claim 2, Yamada discloses the method according to claim 1, but fails to 
disclose wherein the simulating includes: producing a white acoustic sound signal on 
the right is with an acoustic diffusion system, from a white noise electric signal ( fig. 6: 
6R1; col. 10, lines 46-61 ): detecting with an acoustic detector a corresponding acoustic 
signal received in the form of a modified white received electric sound signal on the right 
and a modified white electric sound signal on the left corresponding to the reception of 
the white acoustic sound signal on the right ( fig. 6: BR1; col. 10. lines 46-61 ): producing 
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a frequency spectrum on the right corresponding to a white noise electric signal on the 
right, and two received frequency spectrums, respectively corresponding to the modified 
white received electric sound signal on the right and to the modified white received 
electric sound signal on the left ( fig. 6: 6L1; col. 10. lines 46-61) : producing a first set of 
coefficients from frequency filters from the frequency spectrum on the right and from the 
frequency spectrum of the modified white received electric sound signal on the right I fig. 
8: FR1R2; col. 12, line 61 through col. 13, line 12 ): producing, a second set of 
coefficients from frequency filters from the frequency spectrum on the right and from the 
frequency spectrum of the modified white received electric sound signal on the left ( fig. 
8: FL1R2: col. 12. line 61 through col. 13, line 12 ): producing a white acoustic sound 
signal on the left with an acoustic diffusion system, from a white noise electric signal 
( col. 10, lines 46-61 ): detecting a corresponding acoustic signal received in the form of a 
modified white received electric sound signal on the left and a modified white electric 
sound signal on the right corresponding to the reception of the white acoustic sound 
signal on the left with an acoustic detector ( fig. 6: BR1. BR2. BL1. BL2: col. 10, lines 46- 
67); producing a frequency spectrum on the left corresponding to a white noise electric 
signal on the left ( fig. 6: GL1L2; col. 10, lines 46-61 ), and two received frequency 
spectrums, respectively corresponding to the modified white received electric sound 
signal on the left and to the modified white received electric sound signal on the right 
( fig. 6: GL1. GR1; col. 10. lines 46-61 ): producing a third set of coefficients from 
frequency filters from the frequency spectrum on the left and from the frequency 
spectrum of the modified white received electric sound signal on the left ( fig. 8: FL1L2; 
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col. 12. line 61 through col. 13. line 12 ): producing a fourth set of coefficients from 
frequency filters from the frequency spectrum on the left and from the frequency 
spectrum of the modified white received electric sound signal on the right ( fig. 8: FR1L1: 
col. 12. line 61 through col. 13. line 12 ). said four sets of coefficients forming a quadrille 
of coefficient sets ( col. 12. line 61 through col. 13. line 12: 22R1. 22R2. 22L1. 22L2 ): 
and filtering the electric sound signals on the right and left with frequency filters whose 
parameters are given by said quadrille ( col. 12. line 61 through col. 13. line 12: 22R1. 
22R2. 22L1. 22L2 ). However, Ishii does. 

Taking the combined teachings of Yamada and Ishii as a whole, one 
skilled in the art would have found it obvious to modify the method according to Yamada 
with wherein the simulating includes: producing a white acoustic sound signal on the 
right is with an acoustic diffusion system, from a white noise electric signal ( fig. 6: 6R1: 
col. 10. lines 46-61 ): detecting with an acoustic detector a corresponding acoustic signal 
received in the form of a modified white received electric sound signal on the right and a 
modified white electric sound signal on the left corresponding to the reception of the 
white acoustic sound signal on the right ( fig. 6: BR1: col. 10. lines 46-61 ): producing a 
frequency spectrum on the right corresponding to a white noise electric signal on the 
right, and two received frequency spectrums, respectively corresponding to the modified 
white received electric sound signal on the right and to the modified white received 
electric sound signal on the left ( fig. 6: 6L1: col. 10. lines 46-61) : producing a first set of 
coefficients from frequency filters from the frequency spectrum on the right and from the 
frequency spectrum of the modified white received electric sound signal on the right (fig. 
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8: FR1R2: col. 12. line 61 through col. 13. line 12 ); producing a second set of 
coefficients from frequency filters from the frequency spectrum on the right and from the 
frequency spectrum of the modified white received electric sound signal on the left ( fig. 
8: FL1R2; col. 12. line 61 through col. 13. line 12 ): producing a white acoustic sound 
signal on the left with an acoustic diffusion system, from a white noise electric signal 
( col. 10. lines 46-61 ): detecting a corresponding acoustic signal received in the form of a 
modified white received electric sound signal on the left and a modified white electric 
sound signal on the right corresponding to the reception of the white acoustic sound 
signal on the left with an acoustic detector ( fig. 6: GL1L2. GL1R1; col. 10. lines 46-61 ): 
producing a frequency spectrum on the left corresponding to a white noise electric 
signal on the left ( fig. 6: GL1L2: col. 10. lines 46-61 ). and two received frequency 
spectrums, respectively corresponding to the modified white received electric sound 
Signal on the left and to the modified white received electric sound signal on the right 
( fig. 6: GL1. GR1: col. 10. lines 46-61 ): producing a third set of coefficients from 
frequency filters from the frequency spectrum on the left and from the frequency 
spectrum of the modified white received electric sound signal on the left ( fig. 8: FL1L2; 
col. 12. line 61 through col. 13. line 12 ): producing a fourth set of coefficients from 
frequency filters from the frequency spectrum on the left and from the frequency 
spectrum of the modified white received electric sound signal on the right ( fig. 8: FR1L1: 
col. 12. line 61 through col. 13. line 12 ). said four sets of coefficients forming a quadrille 
of coefficient sets ( col. 12. line 61 through col. 13. line 12: 22R1. 22R2. 22L1. 22L2 ); 
and filtering the electric sound signals on the right and left with frequency filters whose 
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parameters are given by said quadrille ( col. 12. line 61 through col. 13, line 12: 22R1. 
22R2. 22L1. 22L2 ) as taught in Ishii to obtain sound depth. 

Claim 3 is rejected under 35 U.S.C. 103(a) as being unpatentable over Yamada, 
US Patent Pub. 2003/0076973 A1, in view of Ishii, US Patent 6,961,433 B2 as applied 
to claim 2 above, and further in view of Breebaart et al, US Patent 7,181 ,019 B2. 

Re Claim 3, the combined teachings of Yamada and Ishii disclose the method 
according to claim 2, but fails to disclose wherein: the sets of coefficients are produced 
from the two spectrums by a component to component complex division of complex 
points from these components in each of these spectrums. However, Breebaart et al 
does ( co/. 5. lines 26-34 ). 

Taking the combined teachings of Yamada, Ishii and Breebaart et al as a whole, 
one skilled in the art would have found it obvious to modify the method according to 
Yamada and Ishii with wherein: the sets of coefficients are produced from the two 
spectrums by a component to component complex division of complex points from 
these components in each of these spectrums as taught in Breebaart et al ( col. 5. lines 
26-34 ) so. the phase difference can be calculated. 



Claims 4-8 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Yamada, US Patent Pub. 2003/0076973 A1 , in view of Ishii, US Patent 6,961 ,433 B2 as 
applied to claim 2 above, and further in view of Ueno et al, US Patent 5,960,390. 
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Re Claim 4, the combined teachings of Yamada and Ishii disclose the method 
according to claim 2 but fails to disclose wherein said diffusion includes the steps of 
producing the coefficients from four temporal filters from coefficients of the first, second, 
third and fourth frequency filters respectively. However, Ueno et al does ( fig. 5: 104a- 
1046: col. 10. lines 13-24 ). 

Taking the combined teachings of Yamada, Ishii and Ueno et al as a whole, one 
skilled in the art would have found it obvious to modify the method according to Yamada 
and Ishii with wherein said diffusion includes the steps of producing the coefficients from 
four temporal filters from coefficients of the first, second, third and fourth frequency 
filters respectively as taught in Ueno et al ( fig. 5: 104a-104d; col. 10, lines 13-24 ) so the 
signals can be converted to time domain. 

Re Claim 5, the combined teachings of Yamada, Ishii and Ueno et al disclose the 
method according to claim 4, wherein the coefficients of temporal filters are modified by 
an operation including at least one of the steps of: normalizing temporal filters of a 
quadrille, on the maximum of the direct field or on quadratic average of the diffuse field 
( Ueno etal. fig. 5: 105a-105d ): temporal resetting of the temporal filters with relation to 
each other ( Ueno et al, fig. 5: 104a-104d; col. 10. lines 13-24 ): providing a time lag of 
samples from a temporal filter; masking of some samples from the temporal filter ( Ueno 
etal. fig. 5: 104a-104d; col. 10, lines 13-24 ): alteration of amplitudes from certain 
samples from a temporal filter ( Ueno et al. col. 5, line 66 through col. 6, line 14 ). 

Re Claim 6, the combined teachings of Yamada, Ishii and Ueno et al disclose the 
method according to claim 4 wherein the coefficients from a temporal filter those whose 
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rank is greater than a given rank are eliminated and where in the coefficients from a 
temporal filter those whose value is lower than a threshold are eliminated ( Ueno et al. 
col. 12. lines 15-28 ). 

Re Claim 7, the combined teachings of Yamada and Ishii disclose the method 
according to claim 2 wherein quadrilles of sets of coefficients are produced for different 
configurations of the acoustic diffusion system and or for different rooms in which the 
acoustic diffusion system is placed for the production of coefficients ( Ishii. col. 10. lines 
46-61 ). 

Re Claim 8, the combined teachings of Yamada and Ishii disclose the method 
according to claim 7, wherein one of the configurations is a configuration in cone of 
confusion ( fig. 1: user's ears ). 

Claims 9-14 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Yamada, US Patent Pub. 2003/0076973 A1 as applied to claim 1 above, in view of 
Embree, US Patent 5,818,941. 

Re Claim 9, Yamada discloses the method according to claim 1 but fails to 
disclose wherein to diffuse, the electric sound signals processed by the filters are 
combined with the original unprocessed electric sound signals, and a combined electric 
sound signal on the right and a combined electric sound signal on the left are obtained. 
However, Embree does ( fig. 1b ). 

Taking the combined teachings of Yamada and Embree as a whole, one skilled 
in the art would have found it obvious to modify th method according to Yamada with 
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wherein to diffuse, the electric sound signals processed by the filters are combined with 
the original unprocessed electric sound signals, and a combined electric sound signal 
on the right and a combined electric sound signal on the left are obtained as taught in 
Embree ( fig. 1b ) in order to decode audio data at sufficiently high resolution. 

Re Claim 10, the combined teachings of Yamada and Embree disclose the 
method according to claim 9, wherein, to combine, a time lag is introduced between the 
acoustic electric sound signals processed by the filters and the original unprocessed 
electric sound signals ( Yamada, fig. 14: 38 ). 

Re Claim 1 1 , the combined teachings of Yamada and Embree disclose the 
method according to claim 9 wherein combined electric sound signals on the right and 
left are filtered on given frequency bands ( Yamada, fig. 14: 31-36 ) and, a delay is 
introduced in each of these frequency bands ( Yamada, fig. 14: 38 ). 

Re Claim 12, the combined teaching of Yamada and Embree disclose the 
method according to claim 1 1 , wherein combined electric sound signals on the right and 
left are filtered by using a high-pass filter ( Embree. fig. 1b: 124 ), and high-frequency 
electric sound signals are obtained, combined electric sound signals on the right and left 
are filtered by using a low-pass filter ( Embree, fig. 1b: 124 ), and low-frequency electric 
sound signals are obtained. 

Re Claim 13, the combined teachings of Yamada and Embree disclose the 
method according to claim 12, wherein a first delay is introduced in the low-frequency 
electric sound signals ( Yamada, fig. 14: 38 ) and a second delay is introduced in the 
high-frequency electric sound signals ( Yamada, fig. 14: 38 ). 
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Re Claim 14, the combined teachings of Yamada and Embree disclose the 
method according to claim 13, wherein the first delay introduced in the low-frequency 
electric sound signal obtained from the combined electric sound signal on the right is 
different from the first delay introduced in the low-frequency electric sound signal 
obtained from the combined electric sound signal on the left ( fig. 17: para 0013 ). and 
the second delay introduced in the high-frequency electric sound signal obtained from 
the combined electric sound signal on the right is different from the second delay 
introduced in the high-frequency electric sound signal obtained from the combined 
electric sound signal on the left ( fig. 17; para 0013 ). 

Claims 15-17 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Yamada, US Patent Pub. 2003/0076973 A1 as applied to claim 1 above, in view of 
Ueno et al, US Patent 5,960,390. 

Re Claim 15, Yamada disclose the method according to claim 1, where the 
filtering coefficients are coefficients of finite impulse response filters ( fig. 14: 31-36 ) but 
fails to disclose characterized in that, wherein, to filter, a signal transform of an electric 
sound signal is performed and a transformed signal is obtained, the transformed signal 
is multiplied by the filtering coefficients and a multiplied signal is obtained, the multiplied 
signal is transformed by an inverse transform. However, Ueno et al does ( fig. 5: 104a- 
1046. 107: col. 13. lines 17-25 ). 

Taking the combined teachings of Yamada and Ueno et al as a whole, one 
skilled in the art would have found it obvious to modify the method according to claim 1 , 
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where the filtering coefficients are coefficients of finite impulse response filters ( fia. 14: 
31-36 ) of Yamada with characterized in that, wherein, to filter, a signal transform of an 
electric sound signal is performed and a transformed signal is obtained, the transformed 
signal is multiplied by the filtering coefficients and a multiplied signal is obtained, the 
multiplied signal is transformed by an inverse transform as taught in Ueno et al ( fig. 5: 
104a-104d. 107: col. 13. lines 17-25 ) to effectively prevent pre-echo and post-echo from 
being generated and can perform effective coding to which an psycho-acoustic model 
is applied. 

Re Claim 16, the combined teachings of Yamada and Ueno et al disclose the 
method according to claim 15, wherein, to perform the transform a frame of the electric 
sound symbol is divided into N blocks ( Uenoetal. fig. 5: 101 ). the transform of each of 
the blocks is performed ( Uenoetal. fig. 5: 104a-104d ). the filtering coefficients are 
divided into N packets of coefficients ( Ueno et al. fig. 5: 101 ). the N blocks of input data 
are multiplied two by two by the N packets of filter coefficients ( Uenoetal, fig. 5: 107: 
col. 11. lines 38-44 ). and the multiplied blocks are added to obtain the multiplied signal 
( Ueno era/, fig. 5: 107: col. 11. lines 38-44 ). 

Re Claim 17, the combined teachings of Yamada and Ueno et al disclose the 
method according to claim 16, wherein to divide the frame and to calculate the 
transform ( Uenoetal. fig. 5: 101. 104a-104d ). the transform of each of the N blocks is 
calculated successively ( Uenoetal. fig. 5: 101. 104a-104d ). and the transformed blocks 
are transmitted to a delay line at N outputs ( Yamada. fig. 17: para 0013) . 
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Claim 18 is rejected under 35 U.S. C. 103(a) as being unpatentable over 
Yamada, US Patent Pub. 2003/0076973 A1 and Ueno et al, US Patent 5,960,390 as 
applied to claim 16 above, and further in view of Parry et al, US Patent 6,535,920 B1. 

Re Claim 18, the combined teachings of Yamada and Ueno et al disclose the 
method according to claim 16 wherein, to divide the frame into N blocks ( Uenoetal. fig. 
5: 101 ), but fails to disclose an electric sound signal is stored in a circular buffer 
memory with capacity proportional to the nth of the frame of the electric sound signal. 
However, Parry et al does ( fia. 7: 124 ). 

Taking the combined teachings of Yamada, Ueno et al and Parry et al as a 
whole, one skilled in the art would have found it obvious to modify the method according 
to claim 16 wherein, to divide the frame into N blocks ( Uenoetal. fig. 5: 101 ) of Yamada 
and Ueno et al with an electric sound signal is stored in a circular buffer memory with 
capacity proportional to the nth of the frame of the electric sound signal as taught in 
Parry et al ( fig. 7: 124 ) for storing of the processed signals. 

Claim 19 is rejected under 35 U.S.C. 103(a) as being unpatentable over 
Yamada, US Patent Pub. 2003/0076973 A1 and Ueno et al, US Patent 5,960,390, as 
applied to claim 16. 

Re Claim 19, which further recites "wherein, to divide a frame of the signal into N 
blocks, double blocks are formed that are overlayed on each other by half, the transform 
of each of the double blocks is performed, the N packets of coefficients are completed 
by the constant samples to obtain double packets, each of the N double blocks are 
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multiplied by one of the N double packets and multiplied double blocks are obtained, 
and the multiplied blocks are extracted from the multiplied double blocks." Yamada and 
Ueno et al do not explicitly disclose the above limitations as claimed. Official notice is 
taken that both the concept and advantages of the above limitations are well known in 
the art. It would have been obvious to divide a frame of the signal into N blocks, double 
blocks are formed that are overlayed on each other by half, the transform of each of the 
double blocks is performed, the N packets of coefficients are completed by the constant 
samples to obtain double packets, each of the N double blocks are multiplied by one of 
the N double packets and multiplied double blocks are obtained, and the multiplied 
blocks are extracted from the multiplied double blocks since the blocks are divided 
within a circular buffer. 

Claim 20 is rejected under 35 U.S.C. 103(a) as being unpatentable over 
Yamada, US Patent Pub. 2003/0076973 A1, as applied to claim 1, in view of Ishii, US 
Patent 6,961,433 B2, and further in view of Ueno et al, US Patent 5,960,390. 

Re Claim 20, Yamada discloses the method according to claim 1 but fails to 
disclose wherein, to simulate, an artificial head that comprises two acoustic detectors 
(68,69) is placed in a median axis of two acoustic diffusion systems (65,66) ( Ishii. fig. 6: 
BR1. BR2. BL1. BL2: col. 10. lines 46-61 ). direct fields and crossed fields received by 
the acoustic detectors are aligned two by two by varying the position of the artificial 
head ( Ishii. fig. 6: BR1. BR2. BL1. BL2; col. 10. lines 46-61 ). Yamada and Ishii fail to 
disclose an electric signal in the form of a Dirac comb is applied simultaneously as input 
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to the two acoustic diffusion systems. However, Ueno et al does ( fig. 5: 104a-104d; col. 
10. lines 13-24) . 

Taking the combined teachings of Yamada, Ishii and Ueno et al as a whole, one 
skilled in the art would have found it obvious to modify the method according to Yamada 
with wherein, to simulate, an artificial head that comprises two acoustic detectors 
(68,69) is placed in a median axis of two acoustic diffusion systems (65,66) ( Ishii. fig. 6: 
BR1. BR2. BL1. BL2: col. 10. lines 46-61 ). direct fields and crossed fields received by 
the acoustic detectors are aligned two by two by varying the position of the artificial 
head ( Ishii. fig. 6: BR1. BR2. BL1. BL2: col. 10. lines 46-61 ) as taught in Ishii with an 
electric signal in the form of a Dirac comb is applied simultaneously as input to the two 
acoustic diffusion systems as taught in Ueno et al ( fig. 5: 104a-104d; col. 10. lines 13- 
24) to modify sound or original sound recordings in order to give the listener optimal 
listening comfort. 

Claims 21-22 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Yamada, US Patent Pub. 2003/0076973 A1 as applied to claim 1 above, in view of 
Ueno et al, US Patent 5,960,390. 

Re Claim 21 , Yamada disclose the method according to claim 1 but fails to 
disclose wherein, to diffuse, equalization functions are incorporated in the cells situated 
upstream from the Fourier transform cells. However, Ueno et al does ( col. 2, lines 1-16 ). 

Taking the combined teachings of Yamada and Ueno et al as a whole, one 
skilled in the art would have found it obvious to modify the method according to Yamada 
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with wherein, to diffuse, equalization functions are incorporated in the cells situated 
upstream from the Fourier transform cells as taught in Ueno et al ( col. 2. lines 1-16 ) to 
make the frequency bandwidths equal. 

Re Claim 22, the combined teachings of Yamada and Ueno et al the method 
according to claim 21 , wherein the frequency components of four frequency filters 
obtained from four modified temporal filters are adjusted independently ( Ueno etal. fig 
5: 104a-104d ). 

Claim 23 is rejected under 35 U.S.C. 103(a) as being unpatentable over 
Yamada, US Patent Pub. 2003/0076973 A1 as applied to claim 1 above, in view of 
Ueno et al, US Patent 5,960,390. 

Re Claim 23, Yamada discloses the method according to claim 1 but fails to 
disclose wherein, to diffuse, the phase and/or the amplitude of the temporal filter 
coefficients are modified along all or part of the impulse response. However, Ueno et al 
does ( col. 5. line 66 through col. 6. line 14; fig. 5:104a-104d ). 

Taking the combined teachings of Yamada and Ueno et al as whole, one skilled 
in the art would have found it obvious to modify the method according to Yamada with 
wherein, to diffuse, the phase and/or the amplitude of the temporal filter coefficients are 
modified along all or part of the impulse response as taught in Ueno et al ( col. 5, line 66 
through col. 6. line 14: fig. 5:104a-104d ) to effectively prevent pre-echo from being 
generated while keeping the length of a block in the spectrum transform constant. 
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Claims 24-28 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Yamada, US Patent Pub. 2003/0076973 A1 and Ueno et al, US Patent 5,960,390, as 
applied to claim 15. 

Re Claim 24, which further recites "wherein, to perform the transform the filtering 
temporal coefficients are divided into Q slots (HDD1-HDD4) of coefficients with 
progressive length M, 2M, 4M, ... (2 (Q-1 ))M points, the transform of each of these 
slots is performed and transformed slots are obtained, a frame of the electric sound 
signal is divided into blocks (x1-x8) with a length of M points, the transform of each of 
these blocks is performed and transformed blocks are obtained, and the transformed 
blocks are multiplied by the transformed slots and corresponding multiplied blocks are 
obtained by inverse transformation to the blocks of signals that half-overlap each other 
two by two in time." Yamada and Ueno et al do not explicitly disclose the above 
limitations as claimed. Official notice is taken that both the concept and advantages of 
the above limitations are well known in the art. It would have been obvious to perform 
the transform the filtering temporal coefficients are divided into Q slots (HDD1-HDD4) of 
coefficients with progressive length M, 2M, 4M, ... (2 (Q-1))M points, the transform of 
each of these slots is performed and transformed slots are obtained, a frame of the 
electric sound signal is divided into blocks (x1-x8) with a length of M points, the 
transform of each of these blocks is performed and transformed blocks are obtained, 
and the transformed blocks are multiplied by the transformed slots and corresponding 
multiplied blocks are obtained by inverse transformation to the blocks of signals that 
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half-overlap each other two by two in time since the transformations are discrete Fourier 
transforms and inverse discrete Fourier transforms. 

Claims 25-28 have been analyzed and rejected according to claim 24. 
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